WO 2010/003663PCT/EP2009/004947 AUDIO ENCODER AND DECODER FOR ENCODING
FRAMES OF SAMPLED AUDIO SIGNALS 5Description The present invention is in the field of audio

encoding/d%djmﬂﬁ&gcially of audio coding concepts utilizing multiple ghRgegiae:demains. 10 In the
art, frequency domain coding schemes such as MP3 or AAC are known These frequency-domain

encoders are based on a time-domain/frequency-domain conversion, a subsequent quantization
stage, in which the quantization error is controlled using information from a psychoacoustic module,
and an encoding stage, in which the quantized spectral coefficients and corresponding side

information ar 5 hﬂﬁtﬁ&f@é’ HEiRer PRAGARRISRY s that are
very well suite%‘??%ﬁp?eﬁ%%?egssmg such%%?%m%ggi+ as d@escribedhi% g’g%q%@éq?zgo Such

speech coding schemes perform an LP (LP & e) filtering of a time-domain signal. Such
an LP filtering is 20 derived from a linear prediction analysis of the input time-domain signal. The
resultingsLP filter coefficients are then quantized/ggéestiand transmitted as side information. The
process is known as LPC (LPC = Linear Prediction Coding) At the output of the filter, the prediction

residual signal or prediction error signal whi FHséﬂ,lso nown as the excitation signal is gncoded using
the analysis-bySs YRS ISR df the %&éﬁ Hed ?Q?C%hékg?ﬁ%iwgiyﬁgeg}?ggdgg%us%r?g a
transform encodieg sohisipts stlizinBooviéipleanshsingWimainsoverlap. The decision between the ACELP
coding and the Transform Coded eXcitation coding, which is also called TCX, coding is done using a

closed {6pb G 3OREN 420RAIRCHUMH 0Bl ORI NGNS CRONICGRERRSaH s the high
efficiency-AAC encodi cheme, which combjnes an AAC coding scheme and a spectral band
replication teBRAYHER gFﬁ%%&oggﬁﬁﬁ%g‘bﬁWfih"g IAPSIeRs 8 e ﬁﬂ%ﬁ%’ﬁg} (%S%Yﬁm Bo1%which is
known understihsagrent” M paRtZaioFo BFES, \ROYIDYE /@‘@%GB%EP‘@‘F?EPE@@Q/GO&%WF&]%-domam
coding schemgsraigiaf esttag porhdadhatithew dileyaai higlemiodiity sthipywibitrbiasferquarsieedignals.
Problematic, howeyet, it auaiy & GBS AblaI A erRBRFEhGRRin i eses show a

high quality fo ?peech signals even at low bitrates, but show a poor quality for music signals at low
bitrates: blcs.

On the other hand there are encoders that are very well suited to speech processing such as
the AMR-WB+ as described in 3GPP TS 26.290. Such speech coding schemes perform an
LP (LP = Linear Predictive) filtering of a time-domain signal. Such an LP filtering is

20  derived from a linear prediciion analysis of the input time-domain signal. The resulting LP
filter coefficients are then quantized/coded and transmitted as side information. The
process is known as LPC (LPC = Linear Prediction Coding). At the output of the filter, the
prediction residual signal or prediction error signal which is also known as the excitation
signal is encoded using the analysis-by-synthesis stages of the ACELP encoder or,

25  alternatively, is encoded using a transform encoder, which uses a Fourier transform with an
overlap. The decision between the ACELP coding and the Transform Coded eXcitation
coding, which is also called TCX, coding is done using a closed loop or an open loop
algorithm.

30 Frequency-domain audio coding schemes such as the high efficiency-AAC encoding
scheme, which combines an AAC coding scheme and a spectral band replication technique
can also be combined with a joint stereo or a multi-channel coding teol which is known
under the term “MPEG surround”.

35  On the other hand, speech encoders such as the AMR-WB+ also have a high frequency
enhancement stage and a stereo functionality.



Frequency-domain coding schemes often make use of the so-called MDCT Modified Discrete Cosine
Transform). The MDCT has been initially described in J. Princen, A. Bradley, "Analysis/Synthesis Filter
Bank DesigmBasgoobsdime Domain Aliasing Cancell%ltion", IEEE Trans pA8EPz009/004947
ASSP-34(5):1153-1161, 1986. The MDCT or 10 MDCT filter bank is widely used in modern and
efficient audio coders. This kind of signal processing provides the following advantages. Smooth
cross-fade between processing blocks: Even if the signal in each processing block is altered differently
(e.g. due to quesiiratigriehapecidihgoetizirata)e ndlaaking aiiifhatstiey dtiewoadiighpd satinsttons from
block to b'OCMBW&Q&%%!?&@J&@@W?%%%\a%@aﬂé@%de?qsﬁﬁyab 1y dfSpLoaaplne: hgw umber
of spectral values at tktge oufput Qf the fjlter bank is eq @}b er Of time domain input values at
its input and aAiFHEVars %Iﬁ eﬂ’gﬁg/e ‘Xo%gl r%'ﬁf OFT FRERAR reﬁ%lftpﬁgvldes a
high frequencyitetestivityskmg mmglgém. %@@@@m%ﬁ@b&ﬁé&%@%chleved by utilizing the
techniquesof time domain abasing 25 cancellation. The time domain aliasing cancellation is done at the

synthesis by ﬁ,@' selaadoned sigels.d oo fuaplziion insep iadhetueen the
analysis and the es|s stages of th n@%&o stryction of th inal signal.is
obtained. HOV\MQ ?ﬁeIR?ﬁS@ iSRRG %ﬁ‘g hith Eegp’é‘& II)‘;i dFof music
signals. Such P@q@@ne@l cﬁmﬁﬁ)’,c‘é&n‘@ygiﬂ‘}‘éﬁmté@ﬁ&\@t% Beske Ppir SrendueadlBoyRampiat low bit
rates for speeghisigizatanodiieispedifies I Tada it Bpassr cadsisisave: alnipgsy. qualyrt Temparable

o1 rates e"%@i’%ﬁ%é}ﬁ?ﬂt% ﬁs@i mﬁ%&g&tgﬁdsaﬁ@egyﬂﬁyo%@a@%gq&ﬁ%fmdoma'n
coding schemes. Speech codin h as the AMR-WB+ (AMR-WB+ = Adaptive Multi-Rate
35 WideBand @9@?8@3?&%‘8&? Qf@?\%ﬁ?d Adaptive Multi-Rate - Wideband (AMR-WB+)

codec", 3GPP TS 26.290 V6.3.0, 2005 06, Technlcal Specification, do not apply the MDCT and,
therefore, canginbdakeranyratb/bartogs rretbing siallenEpeaietiiesi phihm MHIKC grodbietngsieckiically,

rely in a criticaly, sAMPIREPLREF P20 LR N GAREARB of spectral coefficients), no blocking artifacts
15  due to abrupt transitions from block to block occur because of the windowed overlap/add
operation.

Critical sampling: The number of spectral values at the output of the filter bank is equal to
the number of time domain input values at its input and additional overhead values have to
20  betransmitted.

The MDCT filter bank provides a high frequency selectivity and coding gain.

Those great properties are achieved by utilizing the technique of time domain aliasing

25  cancellation. The time domain aliasing cancellation is done at the synthesis by overlap-
adding two adjacent windowed signals. If no quantization is applied between the analysis
and the synthesis stages of the MDCT, a perfect reconstruction of the original signal is
obtained. However, the MDCT is used for coding schemes, which are specifically adapted
for music signals. Such frequency-domain coding schemes have, as stated before, reduced

30  quality at low bit rates for speech signals, while specifically adapted speech coders have a
higher quality at comparable bit rates or even have significantly lower bit rates for the
same quality compared to frequency-domain coding schemes.

Speech coding techniques such as the AMR-WB+ (AMR-WB+ = Adaptive Multi-Rate
35  WideBand extended) codec as defined in “Extended Adaptive Multi-Rate - Wideband
(AMR-WB+) codec”, 3GPP TS 26.290 V6.3.0, 2005-06, Technical Specification, do not
apply the MDCT and, therefore, can not take any advantage from the excellent properties
of the MDCT which, specifically, rely in a critically sampled processing on the one hand



3 WO 2010/003663PCT/EP2009/004947 and a crossover from one block to the other on the other
hand. Therefore, the crossover from one block to the other obtained by the MDCT without any penalty
with respect%%ﬁ%%%d therefore, the critical sam%)llng property of MQ¥e T/ hasdakysibeen
obtained in speech coders. 5 When one would combine speech coders and audio coders within a
single hybrid coding scheme, there is still the problem of how to obtain a switch-over from one coding
mode to the other coding mode at a low bit rate and a high quality. 10 Conventional audio coding

concepts are ysyiallyciasianarbip b BrRIERAAHbSReoINtRg sthantaudiorlilegsef deaivrrgnigation.

Using these cgnventmﬁf %qngﬁgt%ﬂl g%tg e qﬁe%@ﬂgﬂg&;ﬂ l%e% ‘J{w}p‘y I v\ﬁ g;steady

state at a certain ime eglnnlng of the enco |ng or decodl ure. For as ed audlo
coding systenfiaii e E@%ﬁﬁ B RS BrfDREMA! ?P'Rf%’éech
coding accordipggth a)&&q:rewous analy5|s of the |nput on the other hand, the respective filter
structures; are not actively and continuously updated. For example, speech coders can be solicited to

be frequently {ﬁﬁtarted in aﬁhor Iq%erég% é)efc ime, eCr)Sn agdbgg q{tgoddeass&%ﬂpapsﬂ Slas Quer C%gam the

internal states are resetvfo Zero ation heede Y, 10r examp ea speec CO er to rea

steady state csHBREcHsEaIvEIbEISRTBIEm SRR P SPFE f MRS LI AV ARBHE BOAES LS as for
example the Ah4RtNABading ttodeaidelw diptvamMudthRhmgalityideband (AMR-WB+) codec ", 3GPP
TS 26.290 V6.3.0, 2005-06, Technical specification, use a total reset of the speech coder When

transiting or s tchln ween th .fransform bas e l'ﬁﬁ @24 -WB+ is
opt|m|ze9 Iﬁﬁe conzg ‘%?hat it %tarPsc on ag%%egﬁarﬁg Jﬁ%‘eﬁgojp n&%ﬂe%o%%é |n upp n% that
there are no |ﬁ%b"|‘Fﬁ‘é‘ti fOs R OrTRERIAtqRsIng R mﬂgg%me@&gﬂ@éﬁ%%a‘téd on a
frame by fram@heasisiple pasbcie AURs\vBehis soadirstide ahidldlateihdigign e degbwitaofithibe called,

and all mehmOEEﬁ)H paé&ﬁh%(g sﬂf&dtﬁa gbﬂe@eﬂtm@&lﬁrmg@y@e&; w&eieugsﬂgnf@ntlorr:al
concepts have the pro that,t 0 | f rea tate_ of the
gﬁ{% 4008k ‘g%ﬁ AR RIS aﬁﬁhges I8 e@zgggyaa%&%@ﬁ% S,

speech coder a O e |ntr0 stron StOI’tIOI’]S Int p adSES Another

d.sadvaﬁt%gewpwméﬂ eéﬂe%eﬂg% Mt efPerifzEdoHE SotS ‘fﬁn%
switching codangiddynaids dottototiiy mtvéaé‘"grwmm&ﬁsanmhtagéwswleﬁéctglmmgieﬁﬁ:iency. It
is the object ofrHadaraspRtdAVE iAo PiYIEe animiroved eeneep] iotatdip matbagtasingveeding
domain SW'tC'Hgﬁn,‘hl\é’Sté%P &Q&gggg %%[%%%Q%Qﬁ%zion needed by, for example a speech

coder to reach a steady state can be critical especially for the quality of the transitions.

20
Conventional concepts as for example the AMR-WB+, cf. “Extended Adaptive Multi-Rate
~ Wideband (AMR-WB+) codec “, 3GPP TS 26290 V6.3.0, 2005-06, Technical
specification, use a total reset of the speech coder when transiting or switching between the
transform based coder and the speech coder.

25

The AMR-WB+ is optimized under the condition that it starts only one time when the
signal is faded in, supposing that there are no intermediate stops or resets. Hence, all the
memories of the coder can be updated on a frame by frame basis. In case the AMR-WB+ 1s
used in the middle of a signal, a reset has to be called, and all memories used on the

30 encoding or decoding side are set to zero. Therefore, conventional concepts have the
problem that too long durations are applied before reaching a steady state of the speech
coder, along with the introduction of strong distortions in the non-steady phases.

Another disadvantage of conventional concepts is that they utilize long overlapping
35 segments when switching coding domains introducing overheads, which

disadvantageously effects coding efficiency.

It is the object of the present invention to provide an improved concept for audio coding

using coding domain switching.



The objective is achieved by an audio encoder according to claim 1, a method for audio encoding
according to claim 7, an audio decoder according to claim 8, a method for audio decoding according to
]Slair_n 14, an%g %?%%g program according to clairh 15. 5 The present ip&@%&&;ﬁ)g@%d on the
inding that the above-mentioned problems can be solved in a decoder, by considering state
information of an according filter after reset. For example, after reset, when the states of a certain filter
~ have been set to zero, the start-up or warm up procedure of the filter can be shortened, if the filter is
not started from scratch, 10i.e. with all states or memories set to zero, but fed with an information on a

certain state,.starting from whjch a shorter start-up or warm eriod can be realized. It is another
fincing of the BFe BT SITEIES S OHR-ABASSh E-SOAMEtAG BB Lok B PR B the
encoder or tifacdingiecordingordsianplan aideh daradenngonetivedn daimptetigindicdncoding
concept and getiatsicitoobding dosiiing vy auncephmieibonatinforeating oatabe pfovided before

switchin% in order to enable the decoder to take the prediction synthesis filters to a steady state before
actually

aving to use its outputs. In other words, it is the finding of the present invention that
especially w Wﬁ?ﬁﬁﬁ@ﬁ"ﬁ&ﬁ&@ﬁﬁﬁg%&'ﬁsﬁ&éﬁ?ﬁgﬁ%ﬂﬁo&%ﬂ‘e’e{)%ﬁ (oo 36%’%{%% nc%ns%sitched
audio coder, sadictiddnal detoferabioeonsifiRapg sints isfuraytiverefanacserdmesilie iiiaesst thiefprediction
domain, can egaable, tifecprafe miehgrs siasing awitahindi etifots bieis sen aiherdjnbingahthepresent
invention th%&%}}%@&&?@ SBSRYICH BuancaRRa, REReRRIAR S thRdesRdes QR by
u

considering its out shortly before the actual swi ch-PverI kes.place, and basicall run ncoder
procesdifig oh% E?Ep‘m,t‘?ﬁ BrEEFIEEE SN H?or%gﬂgh%nﬁ'ﬁgp%?orlﬁg&%ryiIsfai e ortly
before the svstestingyfrenwhichbdonse saricamanersnite psaabearebrititlirehcoders and reduce the
problem of switching artifacts solely be decoder processing. Taking said information into account, for

30example, predighion.filerafA0 W ARVDEIWRIMES 4B RERY FdhRA6H 8k SVIERHIE St ade Y

analyzing the output of a corrésponding transform domain, decoder, Embodiments of the present
invention will &&?ﬁfgg‘iﬂ;féﬁ ?gi%%%tg%naﬁfﬁrgﬁgsﬁgs%?ﬁ SHaple, W en SWitching ewf'f_’%n a
15 prediction based encoding concept and a fransform based encoding concept, additional

information can be provided before switching, in order to enable the decoder to take the
prediction synthesis filters to a steady state before actually having to use its outputs.

In other words, it is the finding of the present invention that especially when switching

20 between the transform domain to the prediction domain in a switched audio coder,
additional information on filter states shortly before an actual switch-over to the prediction
domain, can resolve the problem of generating switching artifacts.

It is another finding of the present invention that such information on the switch over can

25 be generated at the decoder only, by considering its outputs shortly before the actual
switch-over takes place, and basically run encoder processing on said output, in order to
determine an information on filter or memory states shortly before the switching. Some
embodiments can therewith use conventional encoders and reduce the problem of
switching artifacts solely be decoder processing. Taking said information into account, for

30  example, prediction filters can already be warmed up prior to the actual switch-over, e.g.
by analyzing the output of a corresponding transform domain decoder.

Embodiments of the present invention will be detailed using the accompanying figures, in
which:

35
Fig. 1 shows an embodiment of an audio encoder;

Fig. 2 shows an embodiment of an audio decoder;



35 Fig. 1 shows an embodiment of an audio encoder; Fig. 2 shows an embodiment of an audio
decoder; WO 2010/003663PCT/EP2009/004947 Fi%i 3 shows a window shape used by an
embodimentyhigsedasand 4b illustrate MDCT and time domain al asing; bigr/brithsisaies a block
diagram of an embodiment for time domain aliasing cancellation; Figs. 6a-6g illustrate signals being
processed for time domain abasing cancellation in an embodiment; Figs. 7a-7g illustrate a signal
processing chain for a time domain aliasing cancellation in an embodiment when using a linear
prediction decoder;  Figs. 8a-8q illustrate a signal processing chain in an embodiment with time

domain 15ab§§é'_ng %’%%eélm&‘%ﬂggg%fg%fm SR HHsigte signal processing on the encoder and
. I'sho

decoder side in"embodiments. 20 Fi ws an embodiment of an audio encoder 100. The audio
encoder 100 is adapted for encoding frames of a sampled audio signal to obtain encoded frames,
wherein a frafigscéaapdsthsiBustrad MR Tiend dom doriripisungples. The embodiment of the audio
encoder gomprises a predictive coding analysis state 110 for determining an information on

coeflicients of.a synilee.fliey aacannforratiannaeresielian damain e asesan20 a frame

of audio sampl&s’In embodiments theprediction domain frame may correspondto an excitation frame
or a filtered version of an excitation frame. In the following it can be referred to prediction domain
encoding whdiigenGodingdlastrirtfostgntio rreingpuftiskedtéoofthrsy dohusis dlissmgnekareliafismmiation on a
prediction dogabadiaee, based on a frame of audio samples. 30 Moreover, the embodiment of the
audio engoder 100 comprises a frequency domain transformer 120 for transforming a frame of audio

samples to the frequency domain to
P Figs. 9&«-7 g illustrate a signal processing chain for a time domain aliasing cancellation in an

embodiment when vsing a linear prediction decoder;

Figs. 8a-8g illustrate a signal processing chain in an embodiment with time domain
15 aliasing cancellation; and

Figs. 9a and 9b illustrate signal processing on the encoder and decoder side in
embodiments.

20  Fig. 1 shows an embodiment of an audio encoder 100. The audio encoder 100 is adapted
for encoding frames of a sampled audio signal to obtain encoded frames, wherein a frame
comprises a number of time domain audio samples. The embodiment of the audio encoder
comprises a predictive coding analysis state 110 for determining an information on
coefficients of a synthesis filter and an information on a prediction domain frame based on

25  a frame of andio samples. In embodiments the prediction domain frame may correspond to
an excitation frame or a filtered version of an excitation frame. In the following it can be
referred to prediction domain encoding when encoding an information on coefficients of a
synthesis filter and an information on a prediction domain frame based on a frame of audio
samples.

30
Moreover, the embodiment of the audio encoder 100 comprises a frequency domain
transformer 120 for transforming a frame of audio samples to the frequency domain to
obtain a frame spectrum. In the following it can be referred to transform domain encoding,
when a frame spectrum is encoded. Furthermore, the embodiment of the audio encoder 100

35  comprises an encoding domain decider 130 for deciding, whether encoded data for a frame
is based on the information on the coefficients and on the information on the prediction
domain frame, or based on the frame spectrum. The embodiment of the audio encoder 100
comprises a controller 140 for determining an information on a switching coefficient, when



obtain a frame spectrum. In the following it can be referred to transform domain encoding, when a
frame spectrum is encoded. Furthermore, the embodiment of the audio encoder 100 35 comprises an
encoding domain decider 130 for deciding, whether éncoded data for a frame is based on the
information SiPtHE¥Efdients and on the information on the prediction dSMERF ALY based on the
frame spectrum. The embodiment of the audio encoder 100 comprises a controller 140 for determining
an information on a switching coefficient, when 6 WO 2010/003663PCT/EP2009/004947 the encoding

dontain decid dfsiing HialENGRORS GIARE HaHHRRLTANG 30 sEAAR R NIOHIANN o e
coefficients ang the Jnfor {Eﬂééog}?omam rame, when encoded data revious
frame was e 8836“853@ aﬁ%&ﬁi} hemsedifriendorie Fags sMeBder 100
further comp?hsedel daiunfl arey\ieds dage masdwcsiss bdsrdeorcodirnyibus ififonm spistron. tRleeprediction

domain framenbediintatnaftion it ercoaticientsutherioboipiaion eaithaswiideingidpmaipepeficient
analor tge ragersperlbd et ﬁhetﬁ I&%&OH&%{& TR O SBHRER ISy SREONng

domain, Whereeﬁéthe controller, 140 provi est mation on the switching coethicient w

switching froPAHS ERs A BERAHIB AR She nfamaih FRERF ‘@fhé?@&fe@%nﬁ’@%ﬁnnectlons
displayed bysbestcam. me@mwgedmmmmmmm 13 debiigintentsichding damplhe, the

information arhtexswitcBigrenafiicionisomays ke iainesiy sknply perRaRe i mmaineifag predictive
coding analygig %%?ﬁ]cﬂns) HHeh %? [ and the information on prediction
domain frames E’;lre 5 always avai z}{é?ea g%@ﬁﬁ% %%?c?cgn%o eﬁr‘140 may then indicate to the
redunda cy reducing encoder 150 when to encode the output from the predictive coding analysis
stage 110 ardd Hitehthsrentosmp edmapst aspatisplayashp breken freepdhesyedodicte thardifomerdr 120 after
a switching d@ﬁsimmagmﬁamtadadmmmﬁamwmm %@ﬂ@&&ﬁ%@%&&ﬁﬂ‘@ﬂ&rzﬁé‘@ may
therefore copqlafseedydapey SEshEOmGERARL 1 9&@&99%0&3g2d9n£}g§r5“§t'09ﬂ6t gwitching

coefficient w E‘f @W%}m from the tr Sform d in the predlctlon e switc uhlng occurs,
the controllef E48%n 83%%?3 ;&P R ETOh EF e slomeie BamisetEpping
frame,30@r|nglﬁ%@m%mel&memgnﬂm]@ynﬁoﬁer 140 may then indicate to the redundancy

reducing encoder 150 when to encode the output from the predictive coding analysis stage

110 and when to encode the frame spectrum output at a frequency domain transformer 120

after a switching decision has been made by the encoding domain decider 130. The

controller 140 may therefore control the redundancy reducing encoder 150 to encode the
20  information on the switching coefficient when switching from the transform domain to the
prediction domain.

If the switching occurs, the controller 140 may indicate to the redundancy reducing
encoder 150 to encode an overlapping frame, during a previous frame the redundancy

25  reducing encoder 150 may be controlled by the controlier 140 in a manner that a bitstream
contains for the previous frame both, information on the coefficients and the information
on the prediction domain frame, as well as the frame spectrum. In other words, in
embodiments, the controller may control the redundancy reducing encoder 150 in a manner
such that the encoded frames include the above-described information. In other

30 embodiments, the encoding domain decider 130 may decide to change the encoding
domain and switch between the predictive coding analysis stage 110 and the frequency
domain transformer 120.

In these embodiments, the controller 140 may carry out some analysis internally, in order
35 to provide the switching coefficients. In embodiments the information on a switching
coefficient may correspond to an information on filter states, adaptive codebook content,
memory states, information on an excitation signal, LPC coefficients, etc. The information



25 reducing encoder 150 may be controlled by the controller 140 in a manner that a bitstream contains
for the previous frame both, information on the coefficients and the information on the prediction
domain framgpasavetbas the frame spectrum. In other words, in embodinrentgpthesoostioller may
control the redundancy reducing encoder 150 in a manner such that the encoded frames include the
above-described information. In other 30 embodiments, the encoding domain decider 130 may decide
to change the encoding domain and switch between the predictive coding analysis stage 110 and the
frequency doffaifarsivistbingecceficipptiteze eontmotimiansnfhanasan dhet ¢udleray vamy-8RtBome
analysis interpatlytisatRidef @bptedicavidetheswisalipooefficients. In embodiments the information on
a switching coefficient may correspond to an information on filter states, adaptive codebook content,
memory stat nform tion on an ation si PC coefficients, etc. The information 7 WO
2010003663 SR 65145 A SO 155 S0P BB Ay TR Ot
enables & wammﬁmgrdmanzw@ﬁ o She drawrtior spmivesis adigesizeals i dnisadingrdivaiath decider
130 may detesyninenisieadision PipWhendaawiidolindeending domainyasedethedeiaies or
samples of a%‘i"ﬁé'ﬂﬂ@al%ﬂ@ﬁ%%@é&%d&d '&@%ﬂf@%&&l‘r’a&@&%ﬂ@&& i tj?a&%%r Gihgdiments,
said decision may be made on asis of the information coefficients, the information on prediction
domain framé™3RYBF#EFrame spectrum 10 Generally, embodiments shall not be limited to the
manner in which the encoding domain decider 130 decides when to change the encoding domain, it is

more importaclHisdithesaibeadig sl entincrgasal ecdasidrddy ﬁhe;maﬁaﬂmel&mn@racdeﬁ@er 130,
during which Hag; 8ROV URSRIDSHBEORI S O SHE @iadath ' BiERLIN, SPRGRIPRENI SRS e AUl

encoder 100 is cogrdinated in a manner hat he above- de cribed disa vant e efects eat least
15 partly comeéﬁgo OTRLH B BRET A" %ﬁ@%h&&ﬁff 0, P e @B

deciding baséuembwg@s&nppép@@lmamomm%ﬂhelaem@mgmwéh«eemi}q@mipraudio
properties of a0cay dgosdgRatdia ) Griener dethecoding Riigibad isa@viatagestaifeabaracielstics of an
15  partly compensated.

In embodiments, the encoding domain decider 130 can be adapted for deciding based on a.
signal property or the properties of the audio frames. As already known, audio properties
of an audio signal may determine the coding efficiency, 1.e. for certain characteristics of an
20  audio signal, it may be more efficient to use transform based encoding, for other
characteristics it may be more beneficial to use prediction domain coding. In some
embodiments, the encoding domain decider 130 may be adapted for deciding to use
transformed based coding when the signal is very tonal or unvoiced. If the signal is
trapsient or a voice-like signal, the encoding domain decider 130 may be adapted for

25  deciding to use a prediction domain frame as stated for the encoding,.

According to the other broken lines and arrows in Fig. 1, the controller 140 may be
provided with the information on coefficients, the information on the prediction domain
frame and the frame spectrum, and the controller 140 can be adapted for determining the

30 information on the switching coefficient on the basis of said information. In other
embodiments, the controller 140 may provide an information to the predictive coding
analysis stage 110 in order to determine the switching coefficients. In embodiments, the
switching coefficients may correspond to the information on coefficients and in other
embodiments, they may be determined in a different manner.

35



20 audio signal, it may be more efficient to use transform based encoding, for other characteristics it
may be more beneficial to use prediction domain coding. In some embodiments, the encoding domain
decider 130 wiayobemmsi@pted for deciding to use transformed based codiy WEBIWkeod¥dhal is very
tonal or unvoiced. If the signal is transient or a voice-like signal, the encoding domain decider 130 may
be adapted for 25deciding to use a prediction domain frame as stated for the encoding. According to
the other broken lines and arrows in Fig. 1, the controller 140 may be provided with the information on

coefficients, tiéginforinstigasom trebodiairition doraudinfasandaribéhd heapndedioeant ol dgcrudéocontroller
140 can be a%b&ﬁ@rf%@%taﬂﬂﬁféﬁg‘dh@ea@diﬂ@&ﬁw&'ﬂ@& Bariae svebeiin ganeffigiantepiieahars of said

information. I giher et meRianhe samkalen 1admay pravide ARAtRIAKend g%\ fepregictive

coding analysi order. to mine the switching_coefficients, In embodjments, the

switching coeﬁi’&f’&‘ﬁ?‘ﬁ%ﬁ%@ﬁé‘g TBdﬁ{ezﬂ%&?ﬁﬁ‘ﬁﬁﬁS&rE@@}ﬁ%Ht&ggﬁa‘ﬂgm g ddhents,
they maybe disvadingcticreecolitid foanendnndtain\vo 2H00YEHCE68SPB T ERODCOII8N J1FRi (D

illustrates an phadinvenéOtatrmaudio dacodentBods ’ﬁherem@eﬂm@ﬁhefsﬁwmﬂimmr #Q0 is
adapted for decqdlipg, CSQ%‘? %Hl‘o’sd%%oo&‘ia%iaé&_?ﬁr@eé Qﬁ%&“@éﬁl d|o essin gframe

comprises a number o omain audio sam eem |ment of coder 200

comprises a réﬁ&ﬁﬁ%‘&% r%tﬂ@@i‘ﬁﬁ‘ﬁe%ﬁﬂ%r‘fl@‘fép SHBRISiIRG I g’ﬁcgﬁe PIREOR BBtARS
information orcaefireidivtdor @mwamﬂxmrféteamﬁfbmgna’mzcoemelerﬂ@mma@ymhe&@fﬁxenénd/or a

frame spectruidviodeamer, emiemdmm ehiitaniie tecoaes ROKeMpIiaesimpmrRetalve
synthesis stage 0 lo&g%ﬁ;mgal Qﬁt‘%ﬁeﬂﬁm&% ansafﬂgl%ﬁx%‘&%jeﬂn Jheinformation on
the coeff|C|ents or the s SIS e mformiﬁjo on th predlﬁgon do ﬁr me, and 10 a
time domain tFgAe r“f?@ﬁgﬁ?ﬁﬁlﬁﬁ e ?fe‘fﬁf’&i?fﬂ’égt tms rﬁ%lbao‘[’ﬁ
transformed f@mm@mm@mmﬁw efibosimpled ehdesagnio decoder 200 further

comprises a combiner 240 for combining the transformed frame and the predicted frame to obtain the

frames githe parRlet LA Ukt WINAEALE, R SIEPoseRkf e AUMRdRFI36 00
comprises a controller 250 or controlling a switch-over process, the swit rocess be
FF o e SPAIRLRSH LA

effected wherPBRE 2 FEGR-0Y B8 & SPAIS LR ARTIFH QORGP TPt ased on
the predicted frame isthasedrrrothe rsobanng doufigured wmméiﬁ@%mﬂeﬁﬁb %@fﬂcﬂ%@the
predictive synihesis siage28itor150inicigg iedielizine ofowarmviding pehehiredigteffci20ts wothiesis stage

220, so that t d&ﬁ@&@\é&%&{&&@e&@é@% ?&%%m&& izeg Mbe! t@@wm@usrtaeoee&ﬁdﬁeffected
Accordln to the 1%roken arro sho n in.Fi Ltﬁecont IIer2 0 m%{)b1S ! ed o ontr &eparts or

all of th@ omSSH ﬁf’ssoﬁ‘t?ﬁ% 50%‘? &t AlFe

Atroier 6emay for examp ebe adapted to
coordinate thé%@@r@&ﬁ@%@ﬁﬁ&/ﬁf&ﬁ%oder 210, in order to retrieve extra information on switching
. coefficients or information on the previous prediction domain frame, etc. In other embodiments, the

controller 250Wr9§1§(é§%%%£9ké#ﬁ59¢m%ﬁi&dﬂfﬂ{mfgiozl o s ewieng eesflicantmiy itself, for
example by being provided wi \Qithtlﬁlef erfﬁgeed frames 318 %%B“e? ﬁ@‘g&&a é{%%
rolier

LP-analysis 30" Dased on the ou "Combiner e cont 0 m% en be apted for

coordinatthg o?"@@?ﬂ}%lﬁﬁgaﬂ%tfﬁe‘&éﬁ?éd%ﬂwg‘ﬁs@@@@aﬁ% LK IBEn dgetinin faiR BHiEE230 in
order to estabtighi¢he akbyeidesasibnd overepging fraefEsidming, irferdamairvartlyzneywud time

domain analyzipgieaRRs AR £RlRe, etc. In other embodiments, the controller 250 may be adapted for
deriving said information on the switching coefficients by itself, for example by being

provided with the decoded frames by the combiner 240, by carrying out an LP-analysis

30 based on the output of the combiner 240. The controller 250 may then be adapted for
coordinating or controlling the predictive synthesis stage 220 and a time domain

transformer 230 in order to establish the above-described overlapping frames, timing, time

domain analyzing and time domain analyzing cancellation, etc.

35 In the following, an LPC based domain codec is considered, including predictors and
internal filters which, during a start-up need a certain time to reach a state which ensures
an accurate filter synthesis. {n other words, in embodiments of the audio encoder 100, the
predictive coding analysis stage 110 can be adapted for determining the information on the



35In the following, an Lit based domain codec is considered, including predictors and internal filters
which, during a start-up need a certain time to reach a state which ensures an accurate filter synthesis.
In other words, in embodiments of the audio encodef 100, the predictive coding analysjs.stage 110
can be adap%%?@gstgﬂnining the information on the 9 WO 2010/0036&35@% %%@37004947
coefficients of the synthesis filter and the information on the prediction domain frame based on an LPC
analysis. In embodiments of the audio decoder 200, the predictive synthesis stage 220 can be adapted

for determinipg:thei predigtad figniesbased andht REsihasisdilies. frddrnenodasiangac window
at the beginnjng. of ir = Li icti esetting the. | PD-based
2l the begniaksldh T RARR T aRiiri or Romal) e AeeSEl R AIG 1P

) f
p n oét ese transitions, because not
enough timeHORSIS PR 2EDeen deciaRth b sgETsdha PrRHRA IS At B dding
artifacts. 10 Rymhesisdittegnts, in order to handle the transition from a non-LPD mode to an LPD mode,
overlap windows can be used. In other words, in embodiments of the audio encoder 100, the
frequency d ' rm%&r r farmi m j les based
on a Fast F((}ﬂﬁ!%%g ]ilrans orm qué%l[?d:8 _%naasptﬁl%%%% rTéa%n(s}Fgﬁrg)ﬁf)Eggﬁ [é;@gl? 156119&/%%%% odified
Discrete CoStR#Bh ZRh P ErasiReniinid & frsed B0 et 8B St e MO WISl sformer
230 can be guapidaddvideaheféionify theséramrsitipestetanisentibraciigh dmb isbedt dor dheiddise FFT
(I-FT = inversaibfd)r@idipin gersesiaC WHIMRGIR Rvome MR 2Fesewith, embodiments may
run in a pon-LPD mode, which may also be referred to as the transform based mode, or in an LPD
mode, Which_is also referred to as the predictive analysis and synthesis. Generally, embodiments may
use overlappMGRIALIGIEL: S atsTiAIARHLGIR FRIBECR S AABCH thaede ot dd TheRdenon-LPD
mode overlappirigrwriddavinFanitre tised-dormiier sfexdng EhediTients Dbthairrdilesingdanilbe used.

25 Therewithhywhequendichingairaraniterneni2B Rambdadeptiee 1P Ramgsienitleieeademainabasing of

E)hr?g:ﬁztl Q%Z-E%gége%% ﬁ/&hq tLPgﬂgﬁg?n owe .er ﬁtﬁggij%nm%{)g#g%ﬁmghy noti%@u?rir?r?ait?bige
with pr ictic? Hsbdt %‘fgg?ﬁ?ﬁﬁr&ﬁnéo ’@%h 5&‘5&%&%%8&1‘5@%&%{] @BYsER®E X citation

Linear Prediéfidnite s dipmaismnsfosnanidbcreberréanthd dbnirassforimna o dyimsiseotalie LPD
segment andiapitydifendtnasetd ancall dirais HFT 3T mannesas R Ad: BkRdocrenMIBOT
transitions. IWM{%@&W@_ analysis and synthesis may be based on an ACELP in
embodiments. In some embodiments, artificial al asing is produced from the synthesis signal instead of

20  Therewith, embodiments may run in a non-LPD mode, which may also be referred to as
the transform based mode, or in an LPD mode, which is also referred to as the predictive
analysis and synthesis. Generally, embodiments may use overlapping windows, especially
when using MDCT and IMDCT. In other words, in the non-LPD mode overlapping
windowing with time domain aliasing (TDA = Time Domain Aliasing) may be used.

25  Therewith, when switching from the non-LPD mode to the LPD mode, the time domain
aliasing of the last non-LPD frame can be compensated. Embodiments may introduce time
domain aliasing in the original signal before carrying out LPD coding, however, time
domain aliasing may not be compatible with prediction based time domain coding such as
ACELP (ACELP = Algebraic Codebook Excitation Linear Prediction). Embodiments may

30  introduce an artificial aliasing in the beginning of the LPD segment and apply time domain
cancellation in the same manner as for ACELP to non-LPD transitions. In other words,
predictive analysis and synthesis may be based on an ACELP in embodiments.

In some embodiments, artificial aliasing is produced from the synthesis signal instead of

35  the original signal. Since the synthesis signal is inaccurate, especially at the LPD start-up,
these embodiments may somewhat compensate the block artifacts by introducing artificial
TDA, however, the introduction of artificial TDA may introduce an error of inaccuracy
along with the reduction of artifacts.



35 the original signal. Since the synthesis signal is inaccurate, especially at the LPD start-up, these
embodiments may somewhat compensate the block artifacts by introducing artificial TDA, however,

the introduction of artificial TDA may introduce an e&®r of inaccuracy alon %"V]i::tpzéggem%%g%c“on of
artifacts. 10\R3PAB6d3663PCT/IEP2009/004947 Fig. 3 illustrates a sWitch-over process within one

embodiment. In the embodiment displayed in Fig. 3, it is assumed that the switch-over process
switches from the non-LPD mode, for example the MDCT mode, to the LPD mode. As indicated in Fig.
3, a total 5 window length of 2048 samples is considered. On the left-hand side of Fig. 3, the rising

edge of the MDCT window is jllustrated extending thrqughout 512 samples. During the process of
MDCT and 1 g'l\‘{tﬂt‘ﬁ%rs%e%laz_ Ss?glrtr?}ﬁlﬁgg%f ?ﬁ%%%n&%e%?tﬁ%ﬁﬂ&@%w&aoﬁ% R4BRFBY with the
next 512 sarfiRIaysinie K it el dipprsamed-thatshe sHEmOTET Reogses, Wotabeisfrmpikequmnd 2R 1024

samples withindege foorepietel @ (48 dRGH envied covtha LRI hhbe explalieddd marg. detailtinadhe
Iﬁllowinqy Jh%ﬁ%ﬂ@v@'@éﬁgﬂl@ @iéémsgﬁ%ﬂ_gé@f&)%&%%&’b@?ﬁgé R _&Tﬁébd;}gﬂ?gc.},iﬁa%a%%@ca' when
e preceding.fra encqded.in.the non- ode, as if is ope of the advantageols
properties ofgt(?‘Fe?@e %@mﬁm%mﬁgrﬁéfnig |atglane%cea{(rtleg%]“illgh%fgﬁ%&o%r%%eﬁ?ﬁ?éﬁ'b ‘fﬁ‘é‘%éﬁ ective
consecutive BRSERiMDGD erddBsWs et Rirasapigreithavitineries afsheMRBreriewnow
considering thi#l fgHoldaddvphrhohtixe MDGhpldenidhowasiiehid. i3 Bgchtime Makatiasing
cancellation jg Qpkigipmaticallyrties Qlprineadhe fletiamea &Q@é%&a&d%&*@ﬁﬁ not
automzitbcallyé haveltheeélme domglrtlaﬁhasm ftchcompe sate with the precedin MQCT 0 frame.
Therefore, in an ovenapping region. erlﬁlbpgirﬁeﬂfgr%ﬁa%?nwga é‘é“&f?a?ﬁﬁfé% ﬁpﬁ% 48X Bfasing, as
it is indicatePTRACEH o3 Mgéﬁgfaa%%am@fw@aﬁﬁb@é vhardheperogtingfzentemanabe Tricedsd! window,
i.e. centerediafter t&B36RBMplds, 4n ivisamwofdbeindvigtdyibis aesperted diabaNlT thaewaenain
aliasing is ingedluresliiRiihe-Re B MiRtkeh8y Bt AMBO 8! Q%@&%%ﬁé@ﬂﬁ%év&ﬁ%{%ﬁi D mode
e

frame, in ordﬁﬁqf%%sate with 25 the time domain aliasing introduced at the end o ast MDCT
frame. In the preferre em%’odiment, the MDCT is applied in order to obtain the critically sampling
switch-bver from an encoding operation in one domain to an encoding operation in a different other
domain, i.e. Pewgvearibednoviicengiiodim EATS mbthe ifeegoenopddenaintBOrigndianhyertldQand/or the
time domainiaiasformaacieOsiidaeser Fall ohesieRnaiReMsoadinbaiaRRlie At WRlioRinge phowever,
the MOCT Is eREaLSIT? EREe Wil MP Gl iR assrer’ I "RAI5 I8¢ vdEeseghect o Fio
g automatically have the time domain aliasing to compensate with the preceding MDCT
20  frame. Therefore, in an overlapping region, embodiments may introduce an artificial time
domain aliasing, as it is indicated in Fig. 3 in the area of the 128 samples centered at the
end of the MDCT kernel window, i.e. centered after 1536 samples. In other words, in Fig.
3 it is assumed that artificial time domain aliasing is introduced to the beginning, i.e. in this
embodiment the first 128 samples, of the LPD mode frame, in order to compensate with

25  the time domain aliasing infroduced at the end of the last MDCT frame.

In the preferred embodiment, the MDCT is applied in order to obtain the critically
sampling switch-over from an encoding operation in one domain o an encoding operation
in a different other domain, i.e. being carried out in embodiments of the frequency domain

30  transformer 120 and/or the time domain transformer 230. However, all other transforms
can be applied as well. Since, however, the MDCT is the preferred embodiment, the
MDCT will be discussed in more detail with respect to Fig. 4a and Fig. 4b.

Fig.4a illustrates a window 470, which has an increasing portion to the left and a
35  decreasing portion to the 'right, where one can divide this window inte four portions: a, b,
¢, and d. Window 470 has, as can be seen from the figure only aliasing portions in the 50%
overlap/add situation illustrated. Specifically, the first portion having samples from zero to
N corresponds to the second portions of a preceding window 469, and the second half



Fig.4a illustrates a window 470, which has an increasing portion to the left and a 35 decreasing portion
to-the right, where one can divide this window into four portions: a, b, ¢, and d. Window 470 has, as
can be seen from the figure only aliasing portions inlthe 50% overlap/add situation illustrated.
Specifically,%zﬁﬁgfoﬂ fon having samples from zero to N corresponds %Cﬁgpggg%Wégﬁzrtions of a
preceding window 469, and the second half 11 WO 2010/003663PCT/EP2009/004947 extending
between sample N and sample 2N of window 470 is overlapped with the first portion of window 471,

whichtgs in th&é@ggﬁgtg&@éﬁ{%%jﬂﬁ@%ﬁ%%}jﬂgﬂe nbilg vgi?ggw %?@i?d%i‘%%@& @éﬁbﬁqéﬁ%T t
operation can be seen as the cascading.of windgwing.and the folding operation and.a subsequen
transform opg?ﬁ%‘h"ﬁ‘@f‘gﬁ‘é’ﬁ |cah%yﬂi|1§9§ﬁ s&eu%%w (’ﬂ%?‘é‘:mﬁ%%‘{égg“&fdsﬁ?re‘%%‘é’f&%‘)’ '

operation, wHeEiEnge of type-IV (DCT-IV) is applied. Specifically, the folding operation is obtained
by calculating the first portion N/2 of the folding block as -cR-d, and calculating the second portion of

N/2 samples pfdhgrietdingtHaoH @é@eﬁ%‘ﬁi&%&d&%%ﬁﬁéﬁﬁ%’%&% fﬁmiﬁé&kﬂpg

operation results in N, output values while 2N input values are rec A corre unfolding
operation on Eﬁ%(tg e%%&g?ﬁse‘ln e%ﬁﬁ?%fpato ,rflrgl%%u%’t orP 16t ,cﬁ’ﬁl—’igé igbégq}ff’éﬁ.sﬁﬁ %[uy’“, an
MDCT operalii§ists Gosieca] ransifprnh epespiigshwhsamido Rt ohlvee-BE (REBEY) I\ eprlisR-d, a-bp.)
as indicated Bpédificdlly, theGoldiagpopeamply iandtasiod) thecalaitading @pdint@drtasn | MD T @peration
results in thes2autmal he ynioldiag.ararationReRISshio ght keSS aRGL: LY fyespgjansform.
Therequr&, timg e}lllaassiré’ is ianrg%elgj |<r)e{rrformingl}'at folﬁ%%ergt'%%gn the encoder side, Then, the
result of windowing arid Tolding operation 18 Tanstormed i r oc\ C?Pm%ﬁrf??&[ﬁblﬁ BeTav
block transfoPfHEEHHIRY npuevaless wereerdsebr-side, N input values are transformed back
into the time domain using a DCT-IV operation, and the output of this inverse transform operation is
thus changedigte-ansHaialdingommasinnaidr i LAL QIR YAl AR.WRICH, ROWENEL Ae.aligsed
output value?ﬁln&r el to, remove the aliasing which has been introduced by the folding operation and
which is still th&re sfﬁsbseq'uent to the unfolding operation, the overlap/add operation may carry out time
domair?éliasing cancellation. 35Therefore, when the result of the unfolding operation is added with the
previous EVIO@%rally, an MDCT operation on (a,b,c,d) results in exactly the same output values as the

DCT-IV of (-cp~d, a-bg) as indicated in Fig. 4a.

Correspondingly, and using the unfolding operation, an IMDCT operation results in the
20  output of the unfolding operation applied to the output of a DCT-IV inverse transform.

Therefore, time aliasing is introduced by performing a folding operation on the encoder
side. Then, the result of windowing and folding operation is transformed into the frequency
domain using a DCT-IV block transform requiring N input values.

25
On the decoder-side, N input values are transformed back into the time domain using a
DCT-1V operation, and the output of this inverse transform operation is thus changed into
an unfolding operation to obtain 2N output values which, however, are aliased output
values.

30

In order to remove the aliasing which has been introduced by the folding operation and
which is still there subsequent to the unfolding operation, the overlap/add operation may
carry out time domain aliasing cancellation.

35  Therefore, when the result of the unfolding operation is added with the previous IMDCT
result in the overlapping half, the reversed terms cancel in the equation in the bottom of
Fig. 4a and one obtains simply, for example, b and d, thus recovering the original data,



result in the overlapping half, the reversed terms cancel in the equation in the bottom of Fig. 4a and
one obtains simply, for example, b and d, thus recovering the original data. 12 WO
2010/003663PCT/EP2009/004947 In order to obtairta TDAC for the Wlnq,@/ilﬁgm/&;gg A requirement

exists, which & KAGWR &2 "Princen- Bradley" condition, which means that the window coefficients

raised to 2 for the corresponding samples which are combined in the time domain abasing canceller as
to result in unity (1) for each sample. While Fig. 4a illustrates the window sequence as, for example,
applied in thdrrAGMDETEANTDARduattecdiddivedMdII0T) faetiphgmentdedssowiivariskindows, Fig.
4b I"ustratesaa. dgﬁﬁr‘zegltﬁfmw &a&tmwﬁa@&h%éaﬂy :ﬁgpmemf%@#@%ﬁwmr}ﬁls@d%nz?@? 2,92
portion as wi illustrates an analysis window func aving a zero portign al an

having an al%{glncéngORIO# %ﬁa T/efb qgﬁ}% avmgga refctjn -a asmg pgrr?mﬁ ﬁﬁf’f gl'%o ﬁ §|?\Sg ?)ortlon
4726 extend Bty il his 5acB5@8plsnding aliasing portion of a 15 subsequent window 473,

which is indicated at 473b. Correspondingly, window 473 additionally comprises a non-aliasing portion

473a. Fig. 4%{11@@2%&9@&%&&%&&&% akezeinat INafoCue iR e aRk Al eI argERte Portions
al, dl, for wi V\b47

r cl far wi oth windows receive a non-aliasing partion, and the
window func on n the Vflg%ln porton is g{’e%ﬁt(lar an’n E’lg 4%%‘ W?é\%) ai? e‘é‘f%‘fﬁ? ?)ortlon
472a 20correkifigras fﬁl&dawugfén%\ﬁnan’a@mg Ipsytibn adiitionotpeapesines R%&ftﬁarﬁ MIRDBHESINE aliasing
portion 472b metiespondl.to RK in Fig. 4b. When the folding operation is applied to a block of samples
windowggl by window 472, a situation is obtained as illustrated in Fig. 4b. The Ieft portion extending
over the first J[}l/4gb5 usr#}%) es has Ilasm The cond498 ion extendln ver gdgeaes iS

aliasing-free, sitice ng gperation |sd§Wp R winds: mp%?tizoeﬁo% Ing P2&15 I"Hhd the last

N/4 samples #raliagagposiigsif aff’g&%d’@ %&H@P&r&?ﬁ@‘&ﬁ@%ﬂ@ﬁ 4ﬂ?§ number of output values of

the folding operation is equal to N, while the input was 2N, although, in fact, N/2 values in this
embodiment w&rm@ fg&&wu@z@ RRNIRIMVRGDRAr AL Mﬁﬂﬂaﬂ%ﬁ&@%ﬁ% dhg DCT-IV
is appllgg toh su sreeq%%llgtowtirﬂ Jv?rldtwg O&ﬁ{%}lon leéa op Orttaﬁ% r2',eorrcspondmgly, window 473
additionally comprises a non-aliasing portion 473a. Fig. 4b, when compared to Fig. 4a
makes clear that, due to the fact that there are zero portions al, d1, for window 472 or ¢l
for window 473, both windows receive a non-aliasing portion, and the window function in
the aliasing portion is steeper than in Fig. 4a. In view of that, the aliasing portion 472a
20  corresponds to Ly, the non-aliasing portion 472c¢ corresponds to portion My, and the
aliasing portion 472b corresponds to Ry in Fig. 4b.

When the folding operation is applied to a block of samples windowed by window 472, a

situation is obtained as illustrated in Fig. 4b. The left portion extending over the first N/4
25  samples has aliasing. The second portion extending over N/2 samples is aliasing-free, since

the folding operation is applied on window portions having zero values, and the last N/4

samples are, again, aliasing-affected. Due to the folding operation, the momber of output

values of the folding operation is equal to N, while the input was 2N, although, in fact, N/2

values in this embodiment were set to zero due to the windowing operation using window
30 472,

Now, the DCT-IV is applied to the result of the folding operation, but, importantly, the
aliasing portion 472, which is at the transition from one coding mode to the other coding
mode is differently processed than the non-aliasing portion, although both portions belong

35 to the same block of audio samples and, importantly, are input into the same block
transform operation.



aliasing portion 472, which is at the transition from one coding mode to the other coding mode is
differently processed than the non-aliasing portion, although both portions belong 35to the same block

of audio samples and, importantly, are input into thelsame block transform operati e
2010/00366 3G E#93¢t/89/004947 Fig. 4b furthermore illustrates a Windowggaa@§@g4é’)l?%windows 472,

473, 474, where the window 473 is a transition window from a situation where there do exist
non-aliasing portions to a situation, where only exist aliasing portions. This is obtained by
asymmetfri%awg?mh@ﬁwwﬂ%w@ﬂ%ﬁ%f@mww%mﬁ?M,%?;ﬁ fimil@aég%:@e right
portion of the windows,in the window sequence.of Fig. 4a, while,the left portion has a ngn-aliasing
portion and tr‘i‘\é\’l%ofﬁef] gﬁﬁﬁ \gimelsrlol%%r‘ﬁorﬁﬁzgtegymr esrlgfgtrlg,nF%i%eﬂ% %ﬁlgtréﬁe%maﬁtr%% Bi'tfom

MDCT-TCX tBPRRES \ifeh Akatigho B@ﬁérf@?ﬁfe@’ﬁ%‘in@%ﬁ?&@ﬂ%ﬁnﬂﬁd@m@&ﬂ@ﬁ%ﬁhtively, a
transition frormsui@etodllyGlafigXtis itusdavetinatven THadight SodtiomnabwindowCITdatamaltek in a

fully-ovegappinghmaae hokRow RiEhS IARdSONIAr BREMEIR WMBCT-JConihe Ale figndand
MDCT-AAC ogrg](%lq}heg Qan_d \A@en theigds no %?gson foroggégchzlg‘% frogmoonftngxdegéo the other
mode. TherePore, Window X??caﬁnﬁep?ermeéqo e gﬁ%éf‘so% Windot , had, )a foN the

preferred chadifetbidbestiaies iAo Fmms MiNGEW (sbdertits tese fuhGtis 6p deleagonsedne
neighboring wamp e dhed appgewarddwionk pattestvelyfranmingithsteftdsm MaGtanelh@hEaH block is
set to havte tg]giﬁaf ma” tE&!mAtBh@ﬁ %\g]m@vfw Q&?_ﬁ_ﬁ‘w@{&tﬁdﬁdam : a&%ﬂmyﬂ%}%&g{ﬁﬁ}?mﬂb 20
example,, In the followin method of artifi omajn aliasing.and ti majn aligsing
cancelllgﬁon Wﬁﬂ%?é‘évﬁé%%ﬁé‘?fn°a‘%ﬁ%%?’t%f %@@%’%&%ﬁ*‘& iga?}rﬁ?d Wﬁ%é\@zy 5@%@%%’% an
embodiment XHEpRARA Y Beuitsas Brieseseryfenaitabigs frmemgns tethe Aganmatsie sample

signals, where Figs. 6a to 69 illustrate a principle process of time domain aliasing cancellation
assuming thatibeRrginalcianarisused. tvhreetd bigs R dsisienalsrRMRIeS: A dlisHaied which
e e Rana AR ANEARR IR R0 NG (R bl I RE ST B Rl O 96k

157 one neighboring window so that the general block pattern or framing raster is maintained,

when a block is set to have the same number as window coefficients, i.e., 2N samples in

the Fig. 4a or Fig. 4b example.

In the following, the method of artificial time domain aliasing and time domain aliasing

20  cancellation will be described in detail. Fig. 5 shows a block diagram, which may be

utilized in an embodiment, displaying a signal processing chain. Figs. 6a to 6g and 7a to 7g

illustrate sample signals, where Figs. 6a to 6g illustrate a principle process of time domain

aliasing cancellation assuming that the original signal is used, wherein Figs. 7a to 7g signal

. samples are illustrated which are determined based on the assumption that the first LPD
25  frame results after a full reset and without any adaptation.

In other words, Fig. 5 illustrates an embodiment of a process of introducing artificial time
domain aliasing and time domain aliasing cancellation for the first frame in LPD mode in
case of transition from non-LPD mode to LPD mode. Fig. 5 shows that first a windowing

30 is applied to the current LPD frame in block 510. As Figs. 6a, 6b, and Figs. 7a, 7b
illustrate, the windowing corresponds to a fade in of the respective signals. As illustrated in
the small view graph above the windowing block 510 in Fig. 5, it is supposed that
windowing is applied to Ly samples. The windowing 510 is followed by a folding
operation 520, which resuits in L4/2 samples. The result of the folding operation is

35  illustrated in Figs. 6¢c and 7c. It can be seen that due to the reduced number of samples,
there is a zero period extending across Li/2 samples at the beginning of the respective
signals.



In other words, Fig. 5 illustrates an embodiment of a process of introducing artificial time domain
aliasing and time domain aliasing cancellation for the first frame in LPD mode in case of transition from
non-LPD maqde to LPD mode. Fig. 5 shows that firstfwindowing 30 is appli h ent LPD
frame in bIo&%ﬁ%?lg%%?gs. 6a, 6b, and Figs. 7a, 7b illustrate, the Windo@v%l%gcﬁtﬁ}rﬁegsﬁg%%%s to a fade in
of the respective signals. As illustrated in the small view graph above the windowing block 510 in Fig.
5, it is supposed that windowing is applied to Lk samples. The windowing 510 is followed by a folding

operation 520rayhishaesteriniklbeaampias i 580 esuitaiiiefoltiog onpration KR llustiated in

Figs. 6¢c and %c, e seen that due to.the requced numhe les, there Is a zero period
extending acg{)lgsl{ﬁ%lrza é%%%%%a%‘?ﬁ%‘é’?g%}éiﬁgﬁ%%%f‘ fﬁ%d%%ré’b‘gﬁét@ggwgf”i‘f er aliasing
2010/003663B BRSO UYETFH, Yp&rambrstaonaddN i biodr sadkethbydheiyirBlock 520
can be sumnsatizegkas:theld timEigofrairbhliksingonid 549 intocuced dpsouph MR T-idaweves, further
aliasing effecigvariea wheadmmersalysiansfouning th esehs LVIRG CT are
summarized g}@qﬁé r%!s%ﬁlés‘%cgn &If]%n 5;&9'é WhiCEl C(Fa&r%a jai beyzxs.lézrglgr?]fB %z%%g%r@gég%\l}g%ged time
domain aIiasing.’ASé_ shown in Flllé;i : algzifi_& mg?ﬁejﬁégf%&&eﬁgneblﬂcgsg npicFesalyiidsn
doubling the FTRSSEY O igapEsdisalaypd inddigso - If eores prestifremigrasiSdrandigp taged in
Figs. 6d and the. stcderbe Seenpisrhdvigbebo dndled, that thaastakiessiel samplasiavedeaap doubled,
and time aliasinig.has beendnag Lﬁ@@qsEﬂﬁo%%rﬁgt%&iyﬁm&@&agziiﬁoobﬁﬂ!w%o?!ga&ﬁ%‘%5.
WlndOV\ﬁ!Iag ogg&gtlo%ggpgﬂﬁ o_;ldn%r teosu]"%]; 4N themil pa&nghe results of the second windowing 540
are displayed In Figs, 66 ANnd 7e. FiNally, the articialy hine é%%% %Fgﬁ‘a? B g OeR 6e and
7e are overlafp&traie Rrtficiaty Hms rbigseh aigralidsplayemh imEisvb e AT Asote owerlebnisdindicated
by block 5504ndrigd&] amdhtherevipeciivmsignaidedrédisplayed WD Figrieb fnch7fs Liditaeideswords, in

embodimentsRkthssausliaglacesendehe cOmNIRRTLRAGAR DFiRYRRISk R §91TY Out the functions of
block 550 in Fig. 5. The resulting signals are displayed in Figs. 6g and 7g. Stunmarizing, in both cases

the left part of the respective frame is windowed, indicated by Figzs. 6a, 6b, 7; and 7b. The left 20 part

of the indowWrisPtheh Yordisd Wb odimants et theraydios desader 2 Rsdhe sromtimgr H4Sdambierd,
another windedeeditoaepticht thefigstiGesaddizek Figsndiigndl 7f show the current process frame with
the shape of the previous non-LPD frame and Figs. 6g and 7g show the results after an overlap and

add operatiory EramEigs..6a.10 60 it . that a perfect reconstructi an be achjeyed by
embodiments after %%/ﬁsﬁgg% a t.fﬁ%ﬁ%ﬁ%ﬁ%ﬁ t eatg’?)gfrgme and El;?plfloig% hcgs(%%g}} aiq%nd add
a

with the prev3HsHr AR PRSI STamE s e Lodicaiea by St fuckbailil LT TEbEOloRy

recons#Hctiorars ¢ichp aredawAs thie S Jechwhildnisdrsiixated in Wigs. dssani&d. thtintfediagpef! case,
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show the results after an overlap and ad%nol)eratmn. From Figs. 6a to 6g 1t can be seen that
a perfect reconstruction can be achieved by embodiments after applying an artificial TDA
25  onthe LPD frame and applying the overlap and add with the previous frame. However, in
the second case, i.e. the case illustrated in Fig. 7a to 7g, reconstruction is not perfect. As
already mentioned above, it was assumed that in the second case, the LPD mode was fully
reset, i.e. states and memories of the LPC synthesis were set to zero. This results in the
synthesis signal not being accurate during the first samples. In this case the artificial TDA
30  plus the overlap adding results in distortions and artifacts, rather than in a perfect
reconstruction, cf. Figs. 6g and 7g.

Figs. 6a to 6g and 8a to 8g illustrate another comparison between using the original signal
for artificial time domain aliasing and time domain aliasing cancellation, and another case
35  of using the LPD start-up signal, however, in Figs. 8a to 8g, it was assumed that the LPD
start-up period takes longer than it takes in Figs. 7a to 7g. Figs. 6a to 6g and 8a to 8g
illustrate graphs of sample signals to which the same operations have been applied as was
already explained with respect to Fig. 5. Comparing Figs. 6g and 8g, it can be seen that the



reconstruction, cf. Figs. 6g and 7g. Figs. 6a to 6g and 8a to 8g illustrate another comparison between

using the original signal for artificial time domain aliasing and time domain aliasing cancellation, and

another case 35 of sin%the LPD start-up signal, hdWever, in Figs. 8a to@%}/%ﬂ@@ﬁ@i@"ed that the
gand 8a't

LPD start-uﬁvpe?'r?(])l0 Taledd longer than it takes in Figs. 7a to 7g. Figs. 6a to g illustrate

graphs of sample signals to which the same operations have been applied as was already explained
with respect to Fig. 5. Comparing Figs. 6g and 8g, it can be seen that the 15 WO
2010/00366 e HIBER2A00/AMAAT distertions aneha'ifascts intpaiactteibesionsl dishlaysd in Fig. 89
are even more S‘ﬁ@é‘;{? %ﬁhﬁj?) S’ggostep Fi‘f’gt?%ghs? signg{sdig?égyed ﬂ Fig. 8 Ici'cJ;iLri1lft,§inslz(s)ltlc())tfof
distortions dur_%ﬂ(f:] a relatively Ton lﬁmegl]u for comparisort, |g..éﬂ sh%wsg(he per act réconstruction
when consid@itieRs d%’i'@?&las@?%&l‘f’&' fPR8 HerralivshiREiRerRRatcatalioh. e eshstuhfePRESH the
present invertionsinegtispedetupotivelstang-the pagocifeigexainpisetiamdik Bliesire canletiatsran
embodirgent of the predictive coding analysis stage 110, the predictive synthesis stage 220,

respectively. bediments. may update all the concerned memoyries and st in_order tg.enable the
eduction of BT TR R B ndds S Rt D A S B s I6 B S e
distortions a&-Biétaedaferis 18 sHABtmerebvee rrlishsairnsing srsriowaisp dRd B8d periods
may be enahied;stilvic hyatkepio ssigle 136c augedf thly.iBmtavEoléntsoday tipd0é tithéhdamaieradihsing and
time domaingliagings caRCAIALOR. da«p3dtdasialisadyaiesmdsssibadaboues psingdsadigsdangular
window t the begianing obhe sk arine AULaNLL RR frame and caeting he FED-hased godec o a
zero state, iy notbe the 1dea] op’t%n fOF transiions. Distortions and arfacts may o cur, Sffice not

enough timeMPa§&TIeR BPRedimenssclmsen O vlre 9h gbbassigttmanitarri&adraidndhold for
setting the inpessibl siatcavsriablbe ohitheveddetdduatiyrdefitiet iditisdivadliesnginne arddmwaaly state of
such a coderggkends.esipmakiple signal properties, and start-up times from any predefined but fixed
initial state can be long. In embodiments of the audio encoder 100, the controller 140 can be adapted
for determining information on coefficients for a synthesis filter and an informatjon on a 25 switching

predictioh doftdiP S deardtr s pIdERATSHEINS A ERHEPSIEIIY AN SRR PRSIAGIS S

rectangular irstlontbncuresatithB ifitoreahdtatectiing ¢he PDIdddessl tndssriveaeratsosiateentay thid encoder
may include bafeenatiansytiditesMmoias AN tehadaptiveffad ehaokddas iy ket kituapout
synthesis Sagﬁ!@%&&%@ 1B RIEMLYSHUIEE b HAME IR 60508 fAMeS AntRIdddR e to the

decoder. In other words, , o .
for setting fc'he internal state variables of the codec to any defined initial values, since a

20  steady state of such a coder depends on multiple signal properties, and start-up times from
any predefined but fixed initial state can be long.

In embodiments of the audio encoder 100, the controller 140 can be adapted for
determining information on coefficients for a synthesis filter and an information on a

25 switching prediction domain frame based on an LPC analysis. in other words,
embodiments may use a rectangular window and reset the internal state of the LPD codec.
In some embodiments, the encoder may include information on filter memories and/or an
adaptive codebook used by ACELP, about synthesis samples from the previous non-LPD
frame info the encoded frames and provide them to the decoder. In other words,

30  embodiments of the audio encoder 100 may decode the previous non-LPD frame, perform
an LPC analysis, and apply the LPC analysis filter to the non-LPD synthesis signal for
providing information thereon to the decoder.

As already mentioned above, the controller 140 can be adapted for determining the
35 information on the switching coefficient such that said information may represent a frame
of audio samples overlapping the previous frame.



30 embodiments of the audio encoder 100 may decode the previous non-LPD frame, perform an LPC
analysis, and apply the LPC analysis filter to the non-LPD synthesis signal for providing information

thereon to ﬂﬁ&%%%ﬁgﬁ . 3As already. mentioned above, the controller 14019@&%@9&)}‘% for
e 3bi 0

determining nformation on the switching coefficient such that said information may represent a
frame of audio samples overlapping the previous frame. 16 WO 2010/003663PCT/EP2009/004947 In
embodiments, the audio encoder 100 can be adapted for encoding such information on switching

coefficients ugingbRIRLHRIMGHERS UeiDEEN800SE HR0 ASERH P LANR AT RRSImeNL R estart

rocedure m enhanced by transmitting or, including agditional ameter information O?I}_PC
Eomputed on%#g%%%iocgg%%r%%s inufﬁnegbﬁlset%é%dr%r}%laﬁgy% dfﬁ%fag'gfa‘iﬂ cOSHRIENE 9B in the
following be rEftpdiEnghdhepsiert prasseuseipBahaenbansedlor Eensmiftmsarmircindieg #tittord coding
mode, using fesrrhe fittknsnatmmely LPC kémpREY owhich mesessimaied b detemingsghforgach
frame. Insan @B@?Q&iﬁl%@Eoﬁtﬁéfb%m@%m%ﬁ@%%%%B%l—é?&é’«??d%gih%ﬁ.ddmona' LPC filter

10 LPCO, which may correspond to an LPC analysis centered at the end of the previous frame, may
also be determined, or estimated. In other words, in an embodiment, the frame of audio samples

overlapping tHe Ptttk hngoseccaarrperae iideid br ehee srdingumddsmsingsiovebPGdiments
of the audio détwsler20y theGbdeiddwywiktiewingdircade o2 Wieanihe Foapies famseqading an
information oanibeammiiehindsasiiisientiiomdiieencosig fiames Aeerdingivibe.Pigsictiyg synthesis
stage 2?6) ca%]lggoa% ) ugngor de%esrrgg%@ﬁa% fW&Ch' ver predlct‘ig frame which overlaps the previous
frame. Ih another embodimient, tharswitc ‘Over pret R PAE 59‘%8“8 BIRrar NS EA%f the
previous franf@@8lf BmBUETRBsts, hestipetslidncothersundinipenrambadintbetho faEDofegment
or frame, i.e. RDCmAgs e arbpgifny frerirtanps| ftior afdhé ¢ PGterdfficibatanardpmeqirpigation of the
zero input regagrse in case of an ACELP. 25 As mentioned above, this LPC filter may be estimated in

a forward manner, i.e. estimated based on the input signal, quantized by the encoder and transmitted
to the decoder. In other embodiments, the LPC filter can be estimated in a backward manner, i.e. by

the decoter bASEPedimath 25ty aticiderr &g A0 Hbs vedandanrastiering desedea ditidsan Bierates but
may also enaideptediiora effitimnamindomtistivie stattelgwitehiag coefficient from the encoded frames.

Accordingly, the predictive synthesis stage 220 can be adapted for determining a switch-
over predicted frame which overlaps the previous frame. In another embodiment, the
switch-over predicted frame may be centered at the end of the previous frame.

20
In embodiments, the LPC filter corresponding to the end of the non-LPD segment or
frame, ie. LPCO, may be used for the interpolation of the LPC coefficients or for
computation of the zero input response in case of an ACELP.

25  As mentioned above, this LPC filter may be estimated in a forward manner, i.e. estimated
based on the input signal, quantized by the encoder and transmitted to the decoder. In other
embodiments, the LPC filter can be estimated in a backward manner, i.e. By the decoder
based on the past synthesized signal. Forward estimation may use additional bitrates but
may also enable a more efficient and reliable start-up period.

30
In other words, in other embodiments the controller 250 within an embodiment of the
audio decoder 200 can be adapted for analyzing the previous frame to obtain previous
frame information on coefficients for a synthesis filter and/or a previous frame information
on a prediction domain frame. The controller 250 may further be adapted for providing the

35 previous frame information on coefficients to the predictive synthesis stage 220 as
switching coefficients. The controller 250 may further provide the previous frame
information on the prediction domain frame to the predictive synthesis stage 220 for
fraining.



30 In other words, in other embodiments the controller 250 within an embodiment of the audio decoder
200 can be adapted for analyzing the previous frameltp obtain previous frame information on
coefficients {ppamyntbesis filter and/or a previous frame information on aparedictionodenrtain frame.

The controller 250 may further be adapted for providing the 35 previous frame information on
coefficients to the predictive synthesis stage 220 as switching coefficients. The controller 250 may
further provide the previous frame information on the prediction domain frame to the predictive
synthesis stage 220 for training. 17 WO 2010/003663PCT/EP2009/004947 In embodiments wherein
the audio encoslemnbipientidamdninratianiondiwswitdingodasicirfatsadtienaonothiat sibitsrip the

bitstrearm may c&%%?ﬁ%slmgt%q&wm@ﬁmw&@emﬁ %@ﬂf&s&w Wereasg e amount of
bits in the bitstream, Howev % érrf}]/ out anal s at the d(ra# %r m?ﬁ/1 r%troduce @(tra complexity.
Therefore, in SRAGHTALAE, gﬁ‘@ ﬂﬁgaﬁ %ﬁgiygfé Q?f R HIAREEEBY reQUEhG the
spectral dynaredoyiRg th@tf@@iﬁﬁ&)fathélslghm%n@@"nFﬁﬁﬁ?@ﬁ?oéé@éeﬁpm?&’fg‘ﬁ ’%{l@’féﬁ%ha‘sls filter.
The inverse lownegisaney eRpikokiscat be apliatpsimenteasimeniddtthaidangdss 206l well as
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filtering of the f&%& gﬂ\é!? éaa%drgtg{ytg W%'W@ f#&%qtalriﬁthqtg{lg%ﬂﬂﬁgrﬁ@[ﬁ% LPD

coded in a way that already for the first LF’ fra I the fil a{r}g predlctgrs are Initi izeq Ic to run in
the optimal or B¥ERJ% é%gﬁféw&?ﬁ% ?Fgrﬁgpé &F B'Frlﬁa BAPSAARR
coefficient/codffistbFermgiise pfelitrset Waaud}ﬁhéﬁ&%jé? W%@&Gﬂﬁiﬁﬂ%&%@‘iﬁﬁlmay be
carried out at ghdegadanfRMhaBOnGerheafiitefiiespdnddtedibto finfbrste aftatysie, filedagriefitbeat in the

audio enggde %}&%&f H&@r%@ iGH¥GaeadiRg ar@hfe?%o%taqgék%@ ﬁlﬁ&@%ﬁkﬁﬂém thgadiftars and
predictors used on the a dio d e O%i 'S for thﬁ a}/ng]gsns ti,ge anal;,élsx r example
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appropriate origitis 93%&@%%@&?@% #ﬁ’ﬁi@tﬁfﬁbﬁé{’éﬁtﬁé@ﬁ’éfﬂ@ﬁ@@%m@g’ﬁl G&E‘ﬁ?é’égan
embodiment oéeefilteemttoeffictensechiyr fie araliid. Thetfiestalifer ismquia-erdphasisAfiftgionad?2,

which may be @gsgg{%gggﬁgglggﬁg@g@sgIygg&b@&tbgd_PC analysis filter 1006, i.e. the predictive
coding a @Iygs stage 110. In 30 embodiments, the LPC analysis filter 1006 may compute or evaluate

the shortterm filter coefficients using for exa etEle the high pass filtered speech samples within the

analysis winddiensrabthailiveand pr ook itTdhes2 Ry LB SHETEAT L Bte e 95T Hild¥ining
the informationenptiadi siviectidmg eaffiysenttizs é tlorradiiginpased fevedive fdiers ghd grdbded frame

spectrum of thgsRIQY IS Fa1H Aet8 R S0/ BANRY sRuBRASING

25  For the analysis, as for example the predictive coding analysis stage 110, all or at least one
of these filters may be fed with the appropriate original samples of the previous frame to
update the memories. Fig. 9a illustrates an embodiment of a filter structure used for the
analysis. The first filter is a pre-emphasis filter 1002, which may be used for enhancing the
resohution of the LPC analysis filter 1006, i.e. the predictive coding analysis stage 110. In

30 embodiments, the LPC analysis filter 1006 may compute or evaluate the short term filter
coefficients using for example the high pass filtered speech samples within the analysis
window. In other words, in embodiments, the controller 140 can be adapted for
determining the information en the switching coefficient based on a high pass filtered
version of a decoded frame spectrum of the previous frame. In a similar manner, supposing

35  that analysis is carried out at the embodiment of the audio decoder 200, the controller 250
can be adapted for analyzing a high pass filtered version of the previous frame.



35that analysis is carried out at the embodiment of the audio decoder 200, the controller 250 can be
adapted for analyzing a high pass filtered version of the previous frame. 18 WO
2010/003663PCT/EP2009/004947 As illustrated in E&). 9a, the LP analysﬂ&ij@gg%@@%ﬁpreceded by a
perceptual v%?g%%?(&“ﬁﬁﬁé;r 1004. In embodiments, the perceptual weighting filter may be
employed in the analysis-by-synthesis search of c,odebooks. The filter may exploit the noise masking
properties of the fonnants, as for example the vocal tract resonances, by weighting the 5 error less in

regions closexiifhedfornanFiieadensiep anayaRIa1iS RTINS sisiantdfm thenemdn.embadipents, the
|

redundancy JaTa ] r e adanted for. encodmg b on a codebook being adaptive
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to the respective prediction ‘ . ’
decoder 210%%86@53&’5{56%%@6&%&#9%%@%% Ao dBiss Rk iFpiRia e riisthaadkinges of the

frames. 10 Figoptikasifabes farblants, diadoaraxafipie shgnalqaiocessiegiartis synthesibteastheln the
synthesis caggoineRodiperiscaiboOrhRaSHARG %ﬁg%ﬂ&%&samﬁm%fﬁﬂ WHBAD Q8RR GRTiRte

synthesized pkgseg%gaem%gvi grfégmgah%up te the mem gfqg‘hln mb dirr}iegjts of the audio
decoder 200, this may ccause the %‘fﬂeesris oPRE ?)I’%R)/(I%u hOHIPHS frame is

e straightforward be ) ot _
directly availatied HB\ﬁe‘\’Réjr'?‘?HO%nbé’l%d‘&ﬁﬂ%Yﬁ & the mIrsEvRCBERdicton, dymaie Jismedfamssbe carried
out by defauftemespardsyipntliagbdutitesynihesipethgalvplds P HY may e adajiebldorldeefoke, in
embodimentpagbdhs audinsasosiand 80 ike Gant elapild 0 maaymhe,adapted for decoding the previous

non-LRD frame. Once the non-LPD frame has been decoded, in both embodiments, i.e. the audio
encoder 100 and 20 the audio encoder 200, s¥nthesis of the previous frame may be carried out

according to Py, Boilisiats fohlockdirgsiarotiiheotiong propestirespnibrsimthest 112 Mahide input to
an inverse peyotstialoassighticmiitdinkd i athfter avHisist aode -efnihleailefitera}Oi6 fsdappiiechdn
ehmbodimentap@aﬁmteﬁémﬁegloéﬁmﬁysbwﬁ%idﬁmis@ptﬁaﬁg Mt%ﬁﬁaéyﬂaw%&%ﬁééﬁm'es from
the previousé@m W0 fdriRer emhg ' n g%e aptive, 25 cadehoo contain excjtation vectors
that are ada\[;ée f%r every s%-%me%e% aﬁtl%nes ({:%cl)é :B%Sgaﬁ%g)&%%vgrg%zecauﬁ%metﬁg%ﬁm?term filter
state. ' ARy sEs R framgelk fitsthe aaiptive BowsrHokn remmbedimeief e
populating traedidagmeedes ddeh epithtisis exatatibhesigridd oyt iyl dafasilymakincay dipatigiing g aheputed by
filtering the Gyyarizesdvaighlarhsignal e HailaVRl SEhverehi i JHRS ML esP AR endd@eeXCitation
30may In paiighlalRBARAried & e, AeaaindPRLeLIEHIPHRHRLE IS JRNG I Bredigiol memory.
Embodlmenti.of the&%ﬁ ent invention ¢can provi eggre advahtage that a restart procegure of filters can
be boosted of a8E&] gﬁaﬁﬁf%ﬁ\%‘?ﬁ G dfﬁioﬁh B %Pé’[‘é’l‘?%/‘o"r fhe aniorRe et it memories
of an eAodehdpatiectspdft:e8niibesis thE theepieisraitame anad sy traitdamefeneishse docoder.

Fig. 9b in block 1012. Moreover, the output of the LP synthesis filter 1012 may be input to

an inverse perceptual weighting filter 1014, afier which a de-emphasis filter 1016 is

applied. In embodiments, an adapted codebook may be used and populated with the

synthesized samples from the previous frame. In further embodiments, the adaptive

25  codebook may contain excitation vectors that are adapted for every sub-frame. The

adaptive codebook may be derived from the long-term filter state. A lag value may be used

as an index into the adaptive codebook. In embodiments, for populating the adaptive

codebook, the excitation signal or residual signal may finally be computed by filtering the

quantized weighted signal to the inverse weighting filter with zero memory. The excitation

30  may in particular be needed at the encoder 100 in order to update the long-term predictor
memory.

Embodiments of the present invention can provide the advantage that a restart procedure of
filters can be boosted or accelerated by providing additional parameters and/or feeding the

35  internal memories of an encoder or decoder with samples of the previous frame coded by
the transform based coder.



19 WO 2010/003663PCT/EP2009/004947 Embodiments may provide the advantage of a speed-up of
the start procedure of an LPC core codec by updating all or parts of the concerned memories, resulting
in a synthesjzed si%nal which may be closer to the drfginal signal than ng%ﬁg@‘g) 9@\4§ntional

ow

20157003663 .
concepts, es%gma y Whéen using full reset. Furthermore, embodiments may a a longer overlap 5

and add window and therewith enable the improved use of lime domain aliasing cancellation.
Embodiments may provide the advantage that an unsteady phase of a speech coder may be
shortened, theRbedieafisatinpio ducime. the hansitionfnadppsiategd basadsedsr 49 ppipeech
coder may b%?edgoc&%.blo Dgﬁl%ndéﬂqnon ag_%rgﬁjr&llem Igcrgegaalt]ia%pn re gir%rsn?tnts omf thse [ ven;[r%\?e
methods, the inventive methods €an be Pmp emented In Raraware or |hrsolf Wa e.,'flhgrllmﬁfie entation
can be perforfté@alu¥Rigiamyiba deseade e ansnalsisaaldhmr whanrsiapwnyadamalransmpts,
electronicallyespadiabiic wheatrosisy) daisretorefuttisnmmreydidiv donpesate fodlane edpagie ofecapperating)
- ;/rv]ith a prggtram?a@ _ceﬂtml?wm%h éﬁﬁl@%ﬁﬁﬁggvsdmt%@qﬁseﬁ%léoﬁﬁw[mﬁ%ngeneraﬂy,
e present invention. is therefare, a. computer program product wjth a program code stored qn a
machine reacféagfgi?:agr?f}ér%e %%Oglgge?gsmmg 3éog§rﬁg§1 8 %gafﬁlg?o@%{eﬁo%%%% eh %ﬁetﬂgarﬁgfﬁ s when
the computer*BRSG FEAY %M{)ﬁﬁ%s ¢ aregnsstatizotyfuting he tmnsitenrfemivdranstpoerdare,
therefore, a deaseitedqptogr spacah eimtpanmry Yeantaade for performing at least one of the inventive
methods when the computer program runs on a computer. 25 While the aforegoing has been
particulagy shown and descrjbed with reference to particular.embodiments thereof, it is to be
underst%EcJ)d bl%/? %nsgem&ﬂﬁle%?m elmzfrite ﬁ%%?%ga?floﬁ?%‘?ﬁ%’re%%a%%e‘% A the ¥8rlflne%'r?§ dg}%l vr%ngv%e made,
without depafFGIsnTah &S imPpirsed e thlgraies B seftvrerstbe dantvaniatisrcrandes may be
made in adaptnfptodifisiegtedipialirsteragevitbdiutd épapanigdianma tHslread¥ison €t haidggosed 30
herein and coppeRRANgIdaIbE claE HakiolawedARrIBN AT IRRNERURE AdaRIEGFOr
encoding frames,of,a SAMAR] Ao IR QIBIAN. ovecne0RCRL TRMES MASISRATRTS
comprisless a ggﬂrﬁnenrégg ime domain audio samBPes, omprising:

Generally, the present invention is therefore, a computer program product with a program

code stored on a machine readable carrier, the program code being operative for

performing one of the methods when the computer program product runs on a computer.
20

In other words, the inventive methods are, therefore, a computer program having a

program code for performing at least one of the inventive methods when the computer

program runs on a computer.

25  While the aforegoing has been particularly shown and described with reference to
particular embodiments thereof, it is to be understood by those skilled in the art that
various other changes in the form and details may be made, without departing from the
spirit and scope thereof. It is to be understood that various changes may be made in
adapting to different embodiments without departing from the broader concepts disclosed

30  herein and comprehended by the claims that follow,



a predictive coding analysis stage for determining information on coefficients of a synthesis filter and
information on a prediction domain frame based on a frame of audio samples; 10 a frequency domain
transfouner for transfoiining a frame of audio samples to the frequency domain to obtain a frame
spectrum; an encoding domain decider for decigling whether encoded data for a frame is based
150n the information on the coefficients and on the information on the prediction domain frame, or
based on the frame spectrum; a controller for detegpaing information on a switching coefficient when
the encoding domain decider decides that encoded data of a current frame is based on 20 the
information on the coefficients and the information on the prediction domain frame when encoded data
of a previolis framie wadi e reesibd dEveronacprediogdtmerecdestripied e s Hatiie flegilency
domain transformgeoded franfeseduineancy: reduaingoanseder fonhenseding thadnfvimadonen the
predicstion 25domsain fggsrngm}lh%iﬂ illation on the coefficients, the information on the switching
coeffidient and/or the '

rame sBectr m, wherein the information on the switching coefficient comprises
an inforrration enabling an initialization of a predictive synthesis stage, and the controller is
30adapted for detepraiivng ¢hedidgranatipisamthefswitahing deg flidient hasedmoevaffitietisamblysis of

the previous frame, andss 1t GaNHRIIGIISACaPIE L Rl mINNG HeDioieatan. o e switching

coefficient based 0n a high f‘)?a_ss filtered version of a decoded frame spectrum of the 35previous frame.
20a filter and the HHPHEHBKSN the prediction domain frame based on an LPC (LPC = Linear
Predic¢tion Coding) analysis and/or wherein the frequency domain transformer is adapted for

transforming the famg.ef avdinaamplesibaser op fhaskmowisr TransiermdERipia modified

discrete cosine trgnsform DCT), .
equency domain’ fo obtain a frame spectrum;

an encoding domain decider for deciding whether encoded data for a frame is based
15 on the information on the coefficients and on the information on the prediction

domain frame, or based on the frame spectrum;

a controller for determining information on a switching coefficient when the
encoding domain decider decides that encoded data of a current frame is based on
20 the information on the coefficients and the information on the prediction domain
frame when encoded data of a previous frame was encoded based on a previous

frame spectrum obtained by the frequency domain transformer; and

a redundancy reducing encoder for encoding the information on the prediction
25 domain frame, the information on the coefficients, the information on the switching

coefficient and/or the frame spectrum,

wherein the information on the switching coefficient comprises an information
enabling an initialization of a predictive synthesis stage, and the controller is
30 adapted for determining the information on the switching coefficient based on an

LPC analysis of the previous frame, and

the controller is adapted for determining the information on the switching
coefficient based on a high pass filtered version of a decoded frame spectrum of the

35 previous frame.

2. The audio encoder of claim I, wherein the predictive coding analysis stage 1s

adapted for determining the information on the coefficients of the synthesis



21 3. The audio encoder of one of the claims | or 2, wherein the controller is adapted for determining
as information on the switching coefficient information on coefficients for a synthesis filter and
information on a switching prediction domain frame based on the LPC analysis. 5 4. The audio
encoder of one of the claims 1 to 3, wherein the céfteoller is adapted for determining the information
on the switching coefficient such that the switching coefficient represent a frame of audio samples

overlapping the prepoussifraanarddhe augio seerden dosiaim dainewhich thesfiarpe of audio
samples overlappiilntgeng lpgeé{i(%%% fr%r&%s ceglr}elresqsat at}@& ernd %fe'{%en pq:%\éio%sé fraeglce. 6d'8‘ rgler;[hod for
encoding frames of 8 Samp ed audio S|gn§P to obtain encoded \frames, Wherein & Trame
comprises a numBeraptinsE e dlenidraarprREsinfranseihedRstapdsr brstheimdgthfolation
on coefficients of rogyiatRsisfilter arinindemadion ahdspredictign cpmmaforfraiveDigaBed on a frame of
audio samples; 20transfoiuiing a frame of audio samples to the frequency domain to obtain a frame
spectrum; deciding whether encoded data for a frame is based on the information on the
coefficients and on the information on the prediction domain frame, or based on the 25frame spectrum;
determining information on a switching coefficient when it is decided that encoded data of a current
frame is based on the infoiniation on the coefficients and the information on the prediction domain
frame when encoded data of a previous frame



30was encoded based on a previous frame spectrum obtained by the frequency domain transformer;
and 22 encoding the infoiniation on the prediction domain frame, the information on the coefficients,
the information on the switching coefficient and/or the frame spectra, wherein the information on the
switching coefficient comprises an information 5 enabling an initialization of a predictive synthesis
stage, and the determination of the information on the switching coefficient is performed based on an
LPC analysis of theepteviousdsasersand of tHbelspniroleriseiapiedfoteateliminingitpecinformation
on the swiiching daeagiifienl1RRaaNA BISMBASRINRPd eI GhA derROieddalBRiBRGRI U™
the previous frame. 7.An aéc?lo ecoder for decoding encoded frames to obtain frames of a sampled
audio sighell AvhBHH s d diprRadon Ao BB Sh e &aeifash dama s drprgased
15comprising: a rettedahCynetyieving decoder for decoding the encoded frames to obtain information
on a prediction domain frame, information on coefficients for a synthesis filter ancUor a frame

spectrum; 20 a predictive synthesis stage foy determinin redicted frame of audio samples based
on the info‘fmatiopl?naﬂﬁiéoc%‘a‘ﬁf% For i’r{é #m&%g ﬁﬁ%i & %Fo?ﬂ%’ﬁ%tﬁroﬁ ﬁﬁié’%?g fiction
domain frame; 25&timendogntiia indorsietimerdorthassfoehing chelficiené spacthanths thettimagiomain to
obtain a transforpegcanme finadhe-lrame spaciiymasenhisiismeambiiRgthetiansformed frame
and the predicted frame to obtain the frames of the sampled audio signal; and

10 5. The audio encoder of claim 4, in which the frame of audio samples overlapping the

previous frame is centered at the end of the previous frame.

6. A method for encoding frames of a sampled audio signal to obtain encoded frames,
wherein a frame comprises a number of time domain audio samples, comprising the
15 steps of:

determining information on coefficients of a synthesis filter and information on a

prediction domain frame based on a frame of audio samples;

20 transforming a frame of audio samples to the frequency domain to obtain a frame

spectrum;

deciding whether encoded data for a frame is based on the information on the
coefficients and on the information on the prediction domain frame, or based on the

25 frame spectrum;

determining information on a switching coefficient when it is decided that encoded
data of a current frame is based on the information on the coefficients and the
information on the prediction domain frame when encoded data of a previous frame
30 was encoded based on a previous frame spectrum obtained by the frequency

domain transformer; and



30 a controller for controlling a switch-over process, the switch-over process being effected when a
previous frame is based on a transformed frame and a current frame is based on a predicted frame,
the controller being configured for providing a switching coefficient to the predictive synthesis stage for
initialization of the 35predictive synthesis stage based on an LPC analysis of the previous frame so
that the predictive synthesis stage is initialized when the switch-over process is effected. 23 9. The
audio decoder of ope&h e &lRIMEAGHS oW RSsgifcthe Rre dighym SYhe SiscStapenisfslaptethior
determining the predfiPtive tfratlfjpe. btased .on an %hPC s%a%hesis 2 C[orrl tv\a/iggygri htgl%glg]nee dggrt}%in
transformer is adg(f) o161 trans clilrr?ﬁxﬁls the ?Pamfésgf)ec rurm t0 the tima domain based’on af inverse
FFT or an inverse MDCT. 5 10. The audio decoder of one of the claims 7 to 9, wherein the controller is

adapted for analyzingdine theesigssnbrasnedp altadnadpieyiQusiiiaiae iolonpalien.anieneffisipits for a
synthesis filter and a previgus frame informati redigti aip. frame and wherein the
controller is adap‘i%1 f%rrlgprc}v?a}%{%%et%?e(\gﬁo%u I%r(agr(?@#l rr'ﬁltaég{)gng%? GIOQ%%Z%C%MS t(l) a11e predictive

synthesis stage d8%iiermg e aritiestakbiBe sdisicths dsrvomsdibassd sradt futha Hoviding

the previous framef shfopmeatiars Grrtlee garediction domain frame to the predictive synthesis stage for
training. 11. The audio decoder of one of the claims 7-10, wherein the predictive synthesis stage 15is

adapted for determining a switch-over prediction frame which is centered at the end of the previous
frame. 12. The adfifo SREEEIEF of% acﬂi‘fﬁe }éilﬂesteﬁlilf}%é%in} SRBhBIS st ﬁaf)‘f/é@?&ganalyzing

a higtepass filteredafficdion bfstieopre vighpiranidicts! ¥8rsiomethiottfod dé fodingravtoded fthenes to
obtain frames of g,3a1pRiaghandio signal, wherein a frame comprises a number of time domain audio
samples, comprising the steps of: 25decoding the encoded frames to obtain information on a

prediction domain frame,
7. An audio decoder for decoding encoded frames to obtain frames of a sampled audio

signal, wherein a frame comprises a number of time domain andio samples,

15 comprising:

a redundancy retrieving decoder for decoding the encoded frames to obtain
information on a prediction domain frame, information on coefficients for a
synthesis filter and/or a frame spectrum;

20
a predictive synthesis stage for determining a predicted frame of audio samples
based on the information on the coefficients for the synthesis filter and the

information on the prediction domain frame;

25 a time domain transformer for transforming the frame spectrum to the time domain

to obtain a transformed frame from the frame spectrum;

a combiner for combining the transformed frame and the predicted frame to obtain
the frames of the sampled audio signal; and
30
a controller for controlling a switch-over process, the switch-over process being
effected when a previous frame is based on a transformed frame and a cuorrent
frame is based on a predicted frame, the controller being configured for providing a
switching coefficient to the predictive synthesis stage for initialization of the
35 predictive synthesis stage based on an LPC analysis of the previous frame so that

the predictive synthesis stage is initialized when the switch-over process is effected.

8. The audio decoder of claim 7, wherein the redundancy reducing decoder is adapted

for decoding an information on the switching coefficient from the encoded frames.



and information on coefficients for a synthesis filter and/or a frame spectrum; deteilining a predicted
frame of audio samples based on the infoimation of the coefficients for the synthesis filter and
the infoimation on the prediction domain 30frame; transforming the frame spectrum to the time domain
to obtain a transformed frame from the frame spectrsim; 24 controlling a switch-over process, the
switch-over process being effected when a previous frame is based on the transformed frame, and a
current frame is bagegudivtiepredicieddeantahbpiavicing arstyitehingcaktflipiediciordnitiafization based
onan LPC analysizd DS AmYeHs fa@{a%%ﬁ'%%@ Presicive supibeainstagels iptalsgglauen the
switch-over processgls effected. 14.Comguter rogram having a program code for performing one of

the methods of 1BRHEERRRFECE ha SmeHMA B MBI ol atiRindsion trediputs BepgistEssor.

spectrum to the time domain based on an inverse FFT or an inverse MDCT.

10.  The audio decoder of one of the claims 7 to 9, wherein the controller is adapted for
analyzing the previous frame to obtain a previous frame information on coefficients for a
synthesis filter and a previous frame information on a prediction domain frame and
wherein the controller is adapted for providing the previous frame information on

10 coefficients to the predictive synthesis stage as switching coefficient and/or wherein
the controller is adapted for further providing the previous frame information on the

prediction domain frame to the predictive synthesis stage for training.

11.  The audio decoder of one of the claims 7-10, wherein the predictive synthesis stage
15 is adapted for determining a switch-over prediction frame which is centered at the

end of the previous frame.

12.  The audio decoder of one of the claims 7-11, wherein the controller is adapted for
analyzing a high-pass filtered version of the previous frame.
20
13. A method for decoding encoded frames to obtain frames of a sampled audio signal,
wherein a frame comprises a number of time domain audio samples, comprising the

steps of:

25 decoding the encoded frames to obtain information on a prediction domain frame,

and information on coefficients for a synthesis filter and/or a frame spectrum;

determining a predicted frame of audio samples based on the information of the
coefficients for the synthesis filter and the information on the prediction domain
30 frame;

transforming the frame spectrum to the time domain to obtain a transformed frame
from the frame spectrum;

35 combining the transformed frame and the predicted frame to obtain the frames of

the sampled audio signal; and



10

14.

24

controlling a switch-over process, the switch-over process being effected when a
previous frame is based on the transformed frame, and a current frame is based on
thr predicted frame;

providing a switching coefficient for initialization based on an LPC analysis of the
previous frame so that a predictive synthesis stage is initialized when the switch~

over process is effected.

Computer program having a program code for performing one of the methods of

the claims 6 or 13, when a computer program runs on a computer or processor.



